Packet path diversity is one of the recent advances in networkadaptive video streaming. In this paper we first examine two specific techniques for video streaming that exploit diversity to achieve improved performance. The first technique uses a framework for rate-distortion optimized scheduling of the packet transmissions over the available network paths. The second technique exploits feedback and channel probing to determine which network path should be used for transmission and to adapt the source encoding of the video to mitigate error propagation effects. In the final section, we compare the performance of these two techniques by analyzing experimental results and discuss their respective advantages and drawbacks.
INTRODUCTION
Diversity techniques have been studied for many years in the context of wireless communication. They were introduced in order to exploit the large variability in terms of channel quality when multiple channels are considered for simultaneous transmission. A number of studies have shown that there is an analogous situation in Intemet communication: in 30.80% of the cases there is an altemate path that performs significantly better than the default path between two hosts [I] . Performance is measured in terms of round-trip-time, loss rate and bandwidth. These studies have motivated the introduction of packet path diversity for video streaming in 121, where the author proposes to send complementary descriptions of a multiple description (MD) coder through two different Internet paths. The presented experimental results show the potential benefits of the proposed system.
Since then a number of studies have appeared that exploit the concept of packet diversity in media communication. In [3] the authors employ path diversity in the context of video communication using unbalanced MD coding to accomodate the fact that different paths might have different bandwidth constraints. The unbalanced descriptions are created by adjusting the frame rate of a description sent over a particular path. In [4] the authors study image and video transmission in a multihop mobile radio network. It is shown that combining MD coding and multiple path transport in such a setting provides higher bandwidth and robustness to end-toend connections. In [5] areceiver-driven framework for distributed streaming of video from multiple senders to a single receiver is proposed. No retransmissions are allowed and Forward Error Correction (FEC) codes are considered to account for lost packets. Receiver-driven streaming of video from multiple servers to a single client is also studied in [61. The authors propose a networkfriendly streaming algorithm based on distributed MD coding of video. Due to the diversity effect of multiple servers, the algorithm is immune to single points of failure and provides natural load balancing of the servers. In [7] a framework for video transmission over the Internet is presented, based on path diversity and rate-distortion optimized reference picture selection. Here, based on feedback, packet dependencies w adapted to channel conditions in order to minimize the distortion at the receiving end, while taking advantage of path diversity. In [SI the performance of path diversity and MD coding in Content Delivery Networks (CDN) is studied. 20-406 reduction in distortion is reponed over conventional CDNs for the network conditions and topologies under consideration. Finally, another related work is [91 where the authors consider rate-distortion optimized streaming over networks with DiffServ support.
In the following, we review two techniques for video streaming that exploit packet path diversity to provide improved performance. In Section 2 we discuss a technique that employs, within an MD coding framework, a decision algorithm based on passive feedback from transmitted packets and on active feedback due to channel probing. Using feedback. the algorithm adaptively decides on a network path for the current transmission. In addition, the source encoding of the transmitted video is adjusted to account for the effects of error propagation. In Section 3 we discuss a network transport mechanism that incorporates packet path diversity in a rate-distortion optimization framework. Using the framework, a sender or a receiver, can determine optimal schedules of the packet transmissions over the available network paths. In Section 4 we compare the performance of these two techniques and discuss their properties and merits. We conclude the paper in Section 5.
NETWORK-ADAPTIVE MULTIPLE DESCRIPTION
CODING AND PATH SELECTION In our recent work 17, IO], we have focused on designing schemes that increase the robustness of the transmission process to network induced effects, by taking advantage of path diversity. One of the goals of the schemes is to keep independent streams on different network paths. as suggested earlier in I21 for MD coding. In addition, to select the best path for a current transmission, the schemes analyze both passive feedback from transmitted data packets and active feedback due lo channel probing. By sending probe packets on the idle paths that have not been used recently for transmission of data packets, the schemes continuously update the collected channel statistics for all the network paths. This improves the decision performance of our schemes in terms of path selection, as "passive" feedback from data packets might not be available at every instance on every path. In the following, we explnin in more detail one of these schemes, denoted henceforth Multiple Description with Restan (MDR) [IO] . The scheme employs heuristics to adaptively generate and transmit MD coded streams, based on network feedback. The goal of the MDR scheme is to combine the error-resilience properties of MD coding with those of feedback based reference picture selection. The video is encoded into S frame-interleaved independent streams. This coding structure prevents losses from propagating into more than one description. Furthermore, the adaptive transmission decisions prevent a simultaneous loss of all the streams even in the case of burst errors. When a loss is detected, streams may be restaned at the encoder by adaptively sending I-frames or preferably by using reference pictures in error free streams. Another advantage of this encoding StNCture is that a high degree of robustness can be achieved. When a frame is lost, a concealed version can be created by hi-directional motion compensated interpolation at the decoder. The mismatch error caused by using an interpolated frame, rather than the original encoded frame, propagates until the stream is restarted. In Figure I we show the performance of the MDR scheme for streaming the QClF Foreman sequence, depending on the number of available M network paths. Performance is measured in terms of the average luminance PSNR (dB) of the decoded video as a function of the available transmission rate on the forward channel(s) of the network path(s). The Foreman sequence is encoded into,S = 2 independent streams using the H.26L codec at a frame rate of 30 fps. For more details on the experimental setup see [IO] . As shown in Figure I , a significant gain in performance is observed when the number of available paths increases from one to two. For example, at a transmission rate of 150 Kbps the gain is close to 2.1 dB. However. the difference in performance is not as considerable when the number of available paths increzes further from two to three. We observe that when three network paths are available an additional gain of 0.4 dB is achieved. As the number of paths increases, the loss probability for a packet transmission converges to a constant and the hursty behavior of the network paths disappears, yielding no further improvements. For the selected experimental setup, the gains of MDR over three network paths are already close to the theoretical performance limit in terms of loss probability. selection for media streaming with path diversity In [I I] we have considered a sender-driven transmission, while in [I21 a receiverdriven transmission is considered. Media packets are typically characterized hy different deadlines, importances and interdependencies, henceforth denoted sourcp infomation. In asender-driven scenario, using this information and the proposed framework, the sender is able to transmit its media packets over the multiple paths based on the feedback it receives in a rate-distortion optimized way, that is, minimizing the expected end-to-end distortion subject to a constraint on the expected overall transmission rate over the paths. Such arate-distortion optimized transmission algorithm, or transmission policy, results in unequal error protection provided to different portions of the media stream. The core step ofthe optimization framework involves trading off the expected redundancy (the cost used to communicate a media packet) for the probability of packet loss. Similarly, in a receiver-driven scenario, using the source information and the proposed framework, the receiver is able to request transmission of media packets from multiple servers based on the received feedback from the servers in a rate-distortion optimized way. In the following, we describe our framework in somewhat more detail.
Suppose there are L packets in the media presentation. It is assumed that opportunities to transmit packets occur at discrete intervals in time. At each transmission opportunity, the algorithm determines which packets, if any, to transmit and over which network paths, by optimizing its transmission choices for the current opportunity jointly with a complete plan for transmissions it will most likely make in the future. The plan comprises a transmission policy TI for each packet dictating whether packet 1 is transmitted or not at each transmission opportunity on any of the individual paths, depending on feedback. A transmission policy induces an error probability, C(TI). where an error is defined as the event that a packet does not arrive at the receiver by the playout time. The policy also induces an expected number of times that the packet is transmitted, TI). where N,'" = { l , . . . , 1 ) is the set of data units that the receiver considers for error concealment in case data unit 1 is not decodable by the receiver on time. DO is the expected reconstruction error for the presentation if no data units are received. Adj"), for 1, E N:'), is the reduction in distortion if data unit 1 is not decodable and is concealed with a previous data unit 11 that is received and decoded on time. d(1,) is the set of ancestors of 1 1 , including   1 1 . C ( 1 , 1 1 ) is the set of data units j E N:') : j > 11 that are not mutual descendants, i.e., forj, k E C ( l , 1 1 )
where V ( j ) is the set of descendants of data unit j. "\" denotes the operator "set difference". For a derivation of D ( r ) and further discussion, sec [ I I , 121. We conclude the section with experimental results that demonstrate the performance improvement due to path diversity. In Figure 2 we show the performance ofthe RaDiO framework for streaming video content over multiple M network paths. Performance is measured in terms of the average luminance PSNR in dB of the recontructed video at the receiver, as a function of the overall transmission rate (in Kbps) on the forward channel(s) of the available network path(s). The video used in the experiment is an 
COMPARISON
Were we investigate the end-to-end distortion-rate performance of thc two schemes reviewed in this papcr, for streaming of packetized video content over two network paths. The video used in the experiments is 130 frames ofthe Forernan sequence, encoded at 10 ips using the H.26L codec. In the case of streaming using the RaDiO framework the size of the Group of Pictures (COP) is 10 frames, consisting of an I frame followed by 9 consecutive P frames. Note that the MDR scheme does not have a fixed GOP structure, as explained earlier. Performance is measured in terms of the average PSNR in dB of the luminance signal of the decoded video, as a function of the available agregate transmission rate in Kbps on the forward channels of the two network paths. The MDR scheme can vary the encoding rate of the transmitted video, depending on the available transmission rate. and thus can have a more flexible source representation. Hence, to compensate for this we have created 6 different source encodings of Foremon, distinguished by the different values used for the quantization parameter QP. Depending on the available transmission rate, the RaDiO scheme then streams the encodmg that provides the best distortionrate performance for the given transmission rate.
In the experiments we use T = 100 ms as the interval between transmission opportunities and 150 ms for the playback delay. The selected playback delay allows time for only 1-2 (re)transmissions of packets before their delivery deadline. Hence, the scenario under investigation here, corresponds to low-latency streaming. Each network path is modeled with a two-state Markov model. Both states arc equiprobable and the parameters are such that on average transitions occur every I s. In Table 1 we specify the loss and delay characteristics for each state of a path. We keep the same Table 1 . Loss and delay parameters for a network path characteristics for the forward and the backward channel of a path.
The delay density is modeled using a shifted Gamma distribution specified with three parameters: shift K , mean I" and standard deviation 6.
We record the performance of the RaDiO scheme, depending on the amount of pre-encoded future video content available for streaming at a transmission opportunity. With RaDiOl we denote the performance of the RaDiO scheme for the case when besides the current and all past framer. the following four future frames are also encoded and available at a transmission opportunity. Similarly, with RaDiO2 and with RaDi03, we denote the RaDiO performances for the cases when respectively only one and no future frames are available. Note that the first case corresponds to an interactive streaming application, where there is an available pre-encoded future video content, which is however limited in size, due to the tight latency constraint. On the other hand, the last two cases correspond more to live and conversational applications, where beyond the current video frame there is a very limited or no future pre-encoded video content available at the sender at a transmission slot. In addition, we recorded the performance of the MDR and the RaDiOl schemes for two cases. In the first one, it is assumed that perfect knowledge of the state of the network paths (PSK) at a current transmission opportunity is available. In the second case, the two schemes estimate the network state (ESK) using the algorithm from [IO] . It can he Seen from Figure 3 that RaDiOl and MDR substantially improve their performance when perfect network state knowledge (PSK) is available. However. it must be noted that this is in fact due to the relatively simple algorithm employed for state estimation. We observed through our experiments that the error rate of the estimation algorithm is 41%. Furthermore, beyond rates of 30 Kbps and of 60 Kbps, the RaDiOl scheme substantially outperforms the MDR scheme. in the cases of PSK and of ESK, respectively. However, it must also be noted that below these rates the performance of RaDiOl degrades quickly and MDR provides better performance. The rapid performance degradation of RaDiOl for such rates can be avoided by using source encodings of the Foreman video, obtained for even larger values of QP than those used in our experiments. These encodings would be certainly more appropriate for streaming at such low transmission rates. Note that the same effect can be achieved by using a layered (scalable) representation of the video, which is currently not provided by the H.26L coder. Finally, it must also he noted that MDR is impaired by compression inefficiency, which the scheme sacrifices for transmission robustness. Next, it is evident from the performances of RaDi02 and MDR in Figure 3 for PSK, that as less future video content becomes available at a transmission opportunity the performance difference between RaDiO and MDR becomes nut so pronounced even for high mansthion rates. In fact, when no future frames are available, RaDiO performs significantly worse than MDR over all available transmission rates, as illustrated by the performance of RaDi03 in Figure 3 for PSK.
There are several important observations that follow from the experimental results. By exploiting the relative importance of each packet with respect tu the reconsmction distortion, the RaDiO framework uses the available bandwidth in a most cost-effective manner and therefore provides an improved performance over the MDR scheme. However, the performance improvement is dependent on several factors such as the source representation used for streaming and the amount of source information available at a transmission opportunity. In addition, having an improved algorithm for network state estimation would certainly benefit both schemes. Finally, in scenarios of live and conversational applications, where nu pre-encoded future video content is available, the MDR scheme should have the preference. as it dues not rely on the knowledge of the source information to make its transmission decisions.
CONCLUSIONS
In this paper we have reviewed and compared two recent techniques fur video streaming that exploit path diversity. The RaDiO technique is purely network oriented and optimizes in a ratedistortion sense the packet schedules over the network paths available for transmission. On the other hand, the MDR technique controls not only the communication process, but also the source encoding process. This technique employs passive and active feedback to improve i u transmission decisions as well as tu adapt the source encoding of the transmitted video, so that error propagation effects are mitigated. The two techniques offer improved performance over previous solutions, as shown in the paper. Their relative performance depends on several factors discussed in the previous section. It is envisioned that further performance benefits might be achieved if some of the respective advantages of RaDiO and MDR are combined. Tnis is certainly one promising direction for future research.
